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* NOTICES * 

Japan Patent Office is not responsible for any 
damages caused by the use of this translation. 

IThis document has been translated by computer. So the translation may not reflect the 
original precisely. 

2.**** shows the word which can not be translated. 
3.1n the drawings, any words are not translated. 



DESCRIPTION OF DRAWINGS 



[Brief Description of the Drawings] 

The block circuit diagram showing [ 1 ] the outline configuration of the one example equipment 
of this invention, drawing showing [ 2 ] the amplitude value in each frequency point, and drawing 
3 are drawings showing the real part value and imaginary part value in each frequency point. 
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. Fourier conversion circuit 
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. Coefficient conversion circuit 


24 ... 


. Quantizer 
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... Bit amount-of -compression child-ized functional block 
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.... Quantization functional block 
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. Decryption circuit 
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. Wave connection circuit 
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. Inverse Fourier transform circuit 
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. Reverse coefficient conversion circuit 


34 ... 
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DETAILED DESCRIPTION 



[Detailed Description of the Invention] 
[Industrial Application] 

This invention relates to the signal-transmission equipment which carries out compression 
coding and transmits input signals, such as an acoustic signal. 
[Summary of the Invention] 

This invention offers the signal-transmission equipment which can be efficient, can carry out 
compression coding of the input signal, and can transmit by vector-quantizing and transmitting 
amplitude value in the signal-transmission equipment which quantizes and transmits the signal 
which carried out the Fourier transform of the input signal while it changes into amplitude 
value and a phase value the coefficient output which consists of the real number value and the 
imaginary value after the Fourier transform and assigns many quantifying bit numbers to 
amplitude value based on human being's acoustic-sense property. 
[Description of the Prior Art] 

As an example of conversion coding, there is a data compression method which carries out the 
discrete Fourier transform (DFT) of the input signals, such as an acoustic signal or a video 
signal, and the DFT coefficient by the above-mentioned discrete Fourier transform is 
quantized by the method using this discrete Fourier transform (coding). This DFT coefficient 
is obtained as a real part value and an imaginary part value, and needs to quantize a real part 
value and an imaginary part value concerned by a certain method in the case of coding (coding). 
[Problem(s) to be Solved by the Invention] 

As shown in drawing 3 , when the real part value re and the imaginary part value im of a DFT 
coefficient after a discrete Fourier transform are horizontally arranged in by turns at each 
frequency point on the occasion of this coding, generally between ****** (or it approaches) 
numeric values, remarkable correlation cannot appear easily. 

For this reason, by such quantized conventional method that carries out a discrete Fourier 
transform, there is a defect referred to as being unable to raise compression efficiency. 
By the way, if the case where the above-mentioned input signal is an acoustic signal is taken 
into consideration, although human being's acoustic sense is sensitive to the amplitude (power) 
of a frequency domain, having the property of being quite insensible is known about the phase. 
Since it is such, in case an acoustic signal is quantized, efficient quantization is attained by 
performing quantization using human being's audibility property (property), i.e., the property 
of an acoustic signal. N 

Then, this invention is proposed in view of the above actual condition, is using the property of 
this acoustic signal effectively in the case of quantization of an acoustic signal, and aims at 
offering the signal-transmission equipment which enabled efficient compression coding. 
[The means for solving a technical problem] 

In the signal-transmission equipment which quantizes and transmits the signal which the signal- 
transmission equipment of this invention was proposed in order to attain the above-mentioned 
object, and carried out the Fourier transform of the input signal A conversion means to change 
into amplitude value and a phase value the coefficient output which consists of the real number 
value and imaginary value after the Fourier transform. While assigning many quantifying bit 
numbers to the above-mentioned amplitude value rather than a phase value based on human 
being's acoustic-sense property, it is characterized by having a quantization means to vector- 
quantize amplitude value. 
[Function] 



According to this invention, since each output of the real part value of the coefficient output 
after the Fourier transform, i.e., a DFT coefficient, and an imaginary part value is changed into 
amplitude value and a phase value, it becomes possible to perform a data compression using 
correlation of amplitude value, and to lessen bit allocation to a phase value. 
[Example] 

It explains referring to a drawing hereafter about the example which applied this invention. 
First, the outline configuration of the one example equipment of this invention is shown in 
drawing 1 . 

In this signal-transmission equipment of drawing 1 , input signals, such as an acoustic signal and 
a video signal, are supplied to the input terminal 1 of a coding network 20. This input signal is 
first accumulated in buffer memory 21, and the data of 1 settlement which blocked the above- 
mentioned input signal for every predetermined time is outputted from the buffer memory 21 
concerned. This 1-block data is sent to the fourier conversion circuit 22, and discrete-Fourier- 
transform processing of the above-mentioned input signal is performed in the fourier 
conversion circuit 22 concerned. In fourier transform processing at this time, the DFT 
coefficient which consists of a real part value Re and an imaginary part value Im is obtained as 
a coefficient output, the real part value Re of the above-mentioned DFT coefficient is 
outputted by terminal 22a from the fourier conversion circuit 22 concerned, and the imaginary 
part value Im of the above-mentioned DFT coefficient is outputted from terminal 22b. Each 
output of the real part value Re of these DFTs coefficient and the imaginary part value Im is 
transmitted to thie coefficient conversion circuit 23. 

Here, the above-mentioned coefficient conversion circuit 23 is performing processing which 
changes each output of the real part value Re of the above-mentioned DFT coefficient output, 
and the imaginary part value Im into amplitude value Am and the phase value Ph by the 8th 
formula mentioned later - the 11th formula in order to use the property of the input signal 
mentioned later, for example, the property of an acoustic signal. The amplitude value Am 
obtained by the coefficient conversion circuit 23 concerned is outputted from terminal 23a, 
the phase value Ph is outputted from terminal 23b, and each is sent to a quantizer 24 by the 
bit allocation according to the property of an input signal. 

In the equipment of drawing 1 mentioned above, in order to use effectively the property of the 
input signal described below, for example, the property of an acoustic signal, processing which 
changes the above-mentioned real part value Re and the imaginary part value Im into amplitude 
value Am and the phase value Ph by the above-mentioned coefficient conversion circuit 23 is 
performed. 

That is, human being's acoustic sense is sensitive to the amplitude (power) of a frequency 
domain, as mentioned above, but since it is quite sensitive about a phase, in case compression 
coding of such an acoustic signal is carried out, it is thought efficient to save amplitude 
information rather than topology at accuracy. 

Moreover, in the above-mentioned acoustic signal, if the real part value and imaginary part 
value which carried out [ above-mentioned ] the discrete Fourier transform are changed into 
amplitude value and a phase value and those values are horizontally arranged on a frequency 
shaft, correlation strong against the above-mentioned amplitude value is seen, and the 
property referred to as that correlation is hardly seen exists in the above-mentioned phase 
value. That is, as shown in drawing 2 , when only amplitude value am is horizontally arranged on a 
frequency shaft, between the ****** ( 0 r it approaches) amplitude value am, correlation in 
which a value is near is seen notably. 

Therefore, this example equipment is performing efficient quantization processing of a signal 
by using effectively, human being's acoustic-sense property over such amplitude value and a 
phase value, and the property of an acoustic signal, i.e., remarkable functionality of amplitude 



value. That is, quantization (coding) from which the above-mentioned amplitude value Am of an 
error becomes less than the phase value Ph in the case of the quantization in this example 
equipment is performed, and quantization which carries out bit compression only of this 
amplitude value Am using correlation of the above-mentioned amplitude value Am is performed 
further if needed. In order to realize these quantization, many bits are assigned rather than 
quantization of the above-mentioned phase value Ph to quantization of the above-mentioned 
amplitude value Am, and performing vector-quantizing the amplitude value Am of ****** some 
collectively or a differential PCM is mentioned. 

Since it is such, the above-mentioned amplitude value Am and the phase value Ph from the 
above-mentioned coefficient conversion circuit 23 are sent to the above-mentioned quantizer 
24 by different bit allocation according to the property (for example, properties, such as an 
acoustic signal) of an input signal which was mentioned above, and many numbers of bits of the 
above-mentioned amplitude value Am are assigned rather than the number of bits of the above- 
mentioned phase value Ph. The above-mentioned amplitude value Am supplied to the above- 
mentioned quantizer 24 by the above bit allocation is sent to bit amount-of -compression child- 
ized functional-block 24a of the quantizer 24 concerned, and the above-mentioned phase value 
Ph is sent to quantization functional-block 24b. Here, it is quantizing, carrying out bit 
compression of the above-mentioned amplitude value Am by using a differential PCM or vector 
quantization at above-mentioned bit amount-of-compression child-ized functional-block 24a, 
and the above-mentioned phase value Ph is quantized in above-mentioned quantization 
functional-block 24b. 

Thus, it sets to the coding network 20 of this example signal-transmission equipment. Since the 
amplitude value Am concerned is quantized so that an error may become less than the phase 
value Ph, and there is functionality in the above-mentioned amplitude value Am at least by 
taking many bit assignment of the above-mentioned amplitude value Am, Ef f icient-ization of 
quantization effectiveness is in drawing by carrying out bit compression only of the above- 
mentioned amplitude value Am before quantization by the differential PCM or the vector 
quantization which summarizes the amplitude value Am of ****** some and is quantized. In 
addition, the above-mentioned vector quantization performed with this example equipment 
treats the 1-block coefficient data of the above-mentioned input signal as an input vector, and 
obtains the corresponding identification code (index), the code vector which is created 
beforehand and memorized in the code book which consisted of memory etc., and similarity 
with the above-mentioned input vector, i.e., a code vector with the for example nearest (it was 
most similar) distance, as a quantization output. 

By the way, the conventional discrete Fourier transform is defined by each formula shown 

below. 

namely 

Equation 1,2 

here — k= 0, 1, 2 and 3 N-l, n= 0, 1, 2 and 3, .., N- in 1 and x (n), an input signal and Y (k) 

show a DFT coefficient, and N shows a conversion block size. 
Moreover, x (n) is since it is a real number value, 

Equation 3-5 

Therefore, it is in the case of compression of the data based on a discrete Fourier transform, 



Equation 6,7 



The data of a total of N ** is quantized. In addition, a (k) is a real number value and b (k) is an 
imaginary value. 

Although the conventional method quantized these directly, as mentioned above, in order to use 
properties, such as an acoustic signal, in this invention example, the DFT coefficient which 
consists of above-mentioned real number value a (k) and imaginary value b (k) is changed into 
amplitude value c (k) and phase value d (k) like a degree type by the above-mentioned 
coefficient conversion circuit 23. namely 

Equation 8-11 

The amplitude value Am encoded by the coding network 20 of this example equipment as 
mentioned above is outputted from output terminal 2a of the coding network 20 concerned, and 
the phase value Ph is outputted from output terminal 2b, and is sent to the input terminals 3a 
and 3b of the decryption circuit 30 through a transmission line, respectively. Each data 
through these input terminals 3a and 3b is the reverse quantizer 34, and after quantization 
processing performed with the above-mentioned quantizer 24 and processing of reverse are 
performed, it is sent to the reverse coefficient conversion circuit 33. Processing of the above- 
mentioned coefficient conversion circuit 23 and reverse is performed also for the reverse 
coefficient conversion circuit 33 concerned. That is, in this reverse coefficient conversion 
circuit 33, transform processing which changes into the real part value Re and the imaginary 
part value Im the signal expressed with amplitude value Am and the phase value Ph by the 12th 
formula mentioned later - the 15th formula is performed. 

Thus, it is outputted from the output terminal 4 of the decryption circuit 30, the signal 
changed into the DFT coefficient of the real part value Re and the imaginary part value Im 
being changed into a wave signal by the inverse Fourier transform circuit 32, and being further 
used as a decode signal by minding the wave connection circuit 31. 

Here, the conversion to a real part value and an imaginary part value from the amplitude value 
in the above-mentioned decryption circuit 30 and a phase value, i.e., conversion of {c (k) ( d(k)} -> 
{a (k), b (k)}, can be performed by the degree type. 

Equation 12-15 

If the signal-transmission equipment of this example is used, by changing input signals, such as 
an acoustic signal, into amplitude value and a phase value, these amplitude value and a phase 
value can be quantized by the bit allocation according to the property (human being's acoustic- 
sense property) of an input signal, and for this reason, since it is above, while being able to 
raise S/N on an acoustic sense, it can be efficient and can encode. Furthermore, since bit 
compression can be carried out using the functionality of the above-mentioned amplitude width 
of face, quantization effectiveness, such as vector quantization or a differential PCM, 
improves. Moreover, a decryption can also be performed good. 

In addition, with this example equipment, it can process, even if it is not only when it is the 
acoustic signal which the input signal processed mentioned above, but a video signal etc., and 
the same effectiveness can be acquired by performing coding according to the property of the 
video signal concerned also in this case. 

Furthermore, it becomes possible to raise quantization effectiveness by the accommodative bit 
assignment to which bit assignment is changed according to the temporal response of the 
property of an input signal, and performing accommodative bit compression processing. 




[Effect of the Invention] 

In the signal-transmission equipment of this invention, the coefficient output of the real part 
value after the Fourier transform and an imaginary part value is changed into amplitude value 
and a phase value, and while assigning many quantifying bit numbers to amplitude value rather 
than a phase value based on human being's acoustic-sense property, efficient bit compression 
is attained by vector-quantizing amplitude value. 

Therefore, this correlation can be removed to coding using the strong correlation which only 
the amplitude value of an input signal (for example, acoustic signal) has, and it becomes possible 
from this to raise the compression efficiency of an input signal. Moreover, according to the 
property of this input signal, more numbers of bits to amplitude information than topology can 
be assigned now, and it becomes possible to encode amplitude information to accuracy rather 
than topology (quantization) (for it to be about an error). Furthermore, since quantization 
suitable for human being's acoustic-sense property can be performed, S/N on an acoustic 
sense can be raised and more efficient coding is attained. 



[Translation done.] 



